Introduction
Bone-conduction (BC) transducer has been known for years as a tool to help patients with problems in their outer or middle ears. It works by transmitting sound by bone vibration directly to the cochlea in the inner ear. While BC technology is usually used in hearing aids, its applications are not limited to this alone. Recently, interest in ''skin-drive'' BC transducers has increased [1] and are being applied in some areas such as for music [2] or military communication [3] . Since implantation is not required, they are more acceptable and can be used for people with normal hearing.
Unlike air-conduction (AC) sound, presenting bone-conduction (BC) sound from a single BC transducer on the head will result in the sound reaching the cochlea in both ears. As a result, small level differences in hearing thresholds between the cochleae were observed [4] . Since BC stimulation at a single location on the head can reach both cochleae, this ''cross-talk'' phenomenon is considered by researchers as one of the factors that may reduce the ability of a listener to sense sound direction when using a bilateral BC device [5] [6] [7] .
Several studies have been carried out concerning how to eliminate or reduce the cross-talk and its effect [8] [9] [10] [11] . One of the suitable ways is by implementing a cross-talk cancellation system [9] . By measuring transfer functions on routes from BC transducers to the cochleae in the dry human skull, an experimental study reported that the cross-talk cancellation system worked well in the skull at frequencies from 250 Hz to 1.5 kHz with the cross-talk signal attenuation of up to 12 dB [9] . However, estimating BC transfer functions to apply the system to a human being properly is still an issue.
A method to estimate BC transfer functions has been proposed by Zhong in [10] and Mcleod in [11] . The phase and level of a pure-tone sound from an earphone are adjusted to cancel a sound from a BC transducer (i.e., resulting in perceived silence). This method, however, requires adjustment for each frequency component and therefore is too timeconsuming [11] .
The closest position to the cochlea which may help to estimate BC signals at the cochlea with a minimally invasive technique is in the ear canal. When a stimulus is presented via a BC transducer, the ear-canal sound pressure level (ECSP) changes because of two causes. These are: first, vibrations of the surrounding structure of the ear canal [12] and second, otoacoustic emissions (OAEs) [13] [14] [15] . Reinfeldt et al. reported that changes in ECSP were relatively similar to the vibration of the cochlea [12] . Thus, ECSP data might allow the implementation of a cross-talk cancellation system.
In our previous work [16] , it was shown that placing a miniature microphone in the ear canal and covering it by earmuffs, BC transfer functions could be estimated. A clinical microphone such as ER-7C probe microphone is normally used for measurement in the ear canal, but it is very costly [17] . Because BC transfer functions can easily change depending on the position of the BC transducer on the head [18] (implanted one might be more stable), from user's point of view, it would be desirable to have a compact, simple, inear microphone for easy use. In this paper, we assembled an in-ear microphone used for estimating BC transfer functions which are needed to estimate a cross-talk compensation filter. Cancellation tests with repeated measurements on the real ears were conducted to evaluate the performance of the proposed microphone for estimating a cross-talk compensation (CTC) filter.
In-ear microphone assembly
In [19, 20] , a combination of an earplug (or earphone shell) and a probe microphone is called as in-ear microphone. The in-ear microphone assembly consists of silicone tubes, plastic tube, soft silicone, triple flange silicone tip, earphone shell and subminiature microphone. The microphone used in this study was a subminiature omnidirectional condenser lavalier microphone AT-899. To measure the ECSP, the microphone was fitted with three silicone tubes which have different diameters and lengths (see Step 1 of Fig. 1 ). The microphone was then put in a plastic tube (see Step 2 of Fig. 1 ). To isolate the microphone from any undesired AC sounds, the plastic tube was filled with soft silicone (see Step 3 of Fig. 1) . A 2-mm diameter probe tube is used as a transmission path between the microphone and an earphone shell placed in the ear canal (see Step 4 of Fig. 1 ). To minimize the occlusion effect [21] , a small-size triple flange silicone tip was used to enable a deeper insertion of ear tip (about 12 mm), and an additional probe tube was also used to allow sounds to escape (see Step 4 of Fig. 1 ). The main purpose of using the silicone tip is to Ã e-mail: irwansyah@ieee.org y e-mail: tuie@cs.kumamoto-u.ac.jp reduce air-borne radiation from BC transducers [22] . According to the specification, the frequency response of the microphone should be flat [23] . Since the modification is required, there is a possibility that the response is not flat anymore. However, it is still acceptable because our measurements are about level difference or attenuation, so that correction is no longer required.
Instrumentation
The bone conduction headphone, Goldendance MGD-01, was used to produce sound stimuli. The headphone amplifier, Neoteck NTK059, was employed due to low impedance of BC actuator. For recording, the microphone Audio Technica AT-899 equipped with a power module Audio Technica AT-8539 and also using a pre-amplifier TASCAM US-20x20 with a phantom power source to obtain a better sensitivity of the microphone. TASCAM US-20x20 has a USB3.0 computer connection, so that recorded signals were stored in a laptop with Linux operating system. Figure 2 shows the scheme of the measurement system setup.
Measurements
We conducted two types of experiments in order to evaluate the performance of the in-ear microphone.
Participants
Three participants (males) with self-reported normal hearing participated in the experiments. The age range is between 26 and 35 years old.
Procedure
Experiments were performed in an anechoic chamber with the background noise level of 20 dB. The Rion NL-32 product was used as a sound level meter. Participants wore the MGD-01 BC headphone. BC transducers of the headphone were placed slightly above the temporomandibular joint. The BC transducer was driven at a level corresponding to 60 dB SPL adjusted based on a loudness balancing technique [15] . The in-ear microphone was placed 12 mm (until the third layer of the ear tip) in the ear canal. The sampling rate used was 16 kHz. An illustration of the setup is shown in Fig. 3 .
Experiment 1: BC transfer function
Since directly measuring BC signal at the cochlea is not possible, in this paper, the BC transfer function is defined as a transfer function from the BC transducer's input to ECSP's output. Although nonlinearity between eardrum vibration and response of cochlea is well known, we assumed that some extent of linearity holds for a certain range of BC actuator's input. The time-stretched pulse (TSP) sound was used as a stimulus to estimate BC transfer functions which are H LL ðzÞ, ipsilateral, and H RL ðzÞ, contralateral (see Fig. 3 ). This measurement was repeated ten times in which the in-ear microphone was being reinserted into the ear canal between repeated measures for each participant.
Experiment 2: Cross-talk cancellation
Experiment 2 used the same procedure as Experiment 1, but with an extra step. H LL ðzÞ and H RL ðzÞ were used to estimate a cross-talk compensation (CTC) filter, W RL ðzÞ, using the filtered-x least mean square (FxLMS) algorithm. An adaptive CTC filter is required to handle the time-variant characteristics between BC transducers and the in-ear microphone. Among various adaptive algorithms, the FxLMS is the most suitable because of its computational simplicity and capability to include a secondary path H LL ðzÞ for estimating optimum filter coefficients. Pink noise as a test stimulus was then filtered by the CTC filter to estimate the cancellation signal. After that, we presented the stimulus with and without cancellation via the BC headphone to be recorded by the inear microphone in the left ear canal. As suggested in [15] , the stimulus was at a level corresponding to 60 dB sound pressure level (SPL) which is not harmful to hearing. The recorded sounds were analyzed in each one-third-octave band between 160 Hz and 1.6 kHz to obtain the attenuation level. The whole process was repeated ten times for each participant.
Results and discussions 5.1. Experiment 1 -BC transfer functions
As discussed in [11] , low inter-cochlear level differences occurred mostly at low frequencies. Figure 4 shows frequency responses of BC transfer functions observed at low frequencies for ten times measurements using the in-ear microphone placed in the left ear canal of each participant. From Fig. 4 , it can be seen that the level difference between H LL ðzÞ and H RL ðzÞ in dB is about 5-25 dB depending on the frequency, which is quite high (ipsilateral side is always larger than contralateral in the observed frequencies). One of the reasons might be the position of the BC transducer that was placed above temporomandibular joint where the skin is quite thick compared to that at the mastoid. Thus, the vibration propagating through the skin might be quite dominant and was recorded by the microphone, but the cross-talk sound from the contralateral BC transducer was still able to be observed and could be felt by the participants. Repeated measurements with the position of the BC transducers remaining the same, showed that the frequency responses were quite stable with the standard deviation of up to 12 dB for frequencies below 2 kHz when the in-ear microphone is reinserted several times. In addition, due to physiological noise at around 125 Hz [24] , a low-cut filter was applied in all measurements.
Experiment 2 -Cross-talk cancellation
Using the estimated BC transfer functions obtained by Experiment 1, the cross-talk compensation filters were able to be estimated for all participants. Figure 5 shows the estimated filter of each participant in which the standard deviation of coefficient values was quite small. It means that the microphone was quite stable against a small change in position when the earphone shell is reinserted ten times. Even though the estimated filter was quite stable, there was a large variation in the standard deviations of the attenuation level of the cross-talk sound in the left ear as shown in Fig. 6 . This variation might be due to a human body movement or jaw position which is considered in [11] as a potential problem for the development of a cross-talk cancellation system. A related study on human cadaver heads found that at frequencies between 0.5 and 1 kHz the head acts as a mass-spring system [25] . On the contrary, it might be regarded as a nonlinear system at higher frequencies above 1.5 kHz according to the study on the dry human skull [9] . We therefore suspect that the better attenuation performance at the mid-range frequency as shown in Fig. 6 is observed because that frequency range is best suited for linear adaptive filtering algorithms such as FxLMS. In addition, physiological noise such as from breathing (respiration) or blood flow can cause the ear canal wall vibrates especially when the ear canal is occluded [26] . It occurs only at low frequencies around 125 Hz in [24] or even higher up to 250 Hz as reported in [26] . Therefore, we activated the analog low-cut filter offered by the microphone power module AT-8539 to minimize the effect of the noise on the estimation of the CTC filter. As a result, the cancellation did not work well at frequencies below around 200 Hz in our experiments. However, further investigation is still necessary. In general, experiments on the cross-talk cancellation showed that the sound reduction was observed by the microphone. Participants also reported that they could feel a decrease in the perceived loudness as well as a change in the perceived direction.
Conclusions
This paper discusses use of an in-ear microphone for estimating a cross-talk compensation (CTC) filter by which a ''cross-talk'' sound from the contralateral bone conduction (BC) transducer is canceled by an ''anti-sound'' from the ipsilateral one. An earphone shell with a triple flange silicone tip is inserted into the ear canal and connected to the microphone placed outside by a 2-mm diameter probe tube. To estimate the CTC filter, a change of ear-canal sound pressure (ECSP) is assumed to be relative to the vibration of the cochlea, so that BC transfer functions are possible to be estimated. By using the transfer functions, the CTC filter can be obtained as a result of the filtered-x least mean square (FxLMS) algorithm. Experimental results show that the microphone was stable to estimate the CTC filter while being reinserted between repeated measures. Sound reduction was observed by the microphone when a pink noise with its antisound was presented through BC transducers. The three participants also reported that they could feel a decrease in the perceived loudness.
As a future work, we also need to evaluate whether antisound used to reduce a cross-talk sound in the ipsilateral ear would have a positive or negative impact on the sound in the contralateral ear. A change of direction in the perceived sound is necessary to be investigated too, to check whether or not a cross-talk cancellation system will improve binaural hearing perception.
